Abstract: Long-range orthogonal frequency division multiplexing (OFDM) acoustic communications is demonstrated using data from the Kauai Acomms MURI 2008 (KAM08) experiment carried out in about 106 m deep shallow water west of Kauai, HI, in June 2008. The source bandwidth was 8 kHz (12-20 kHz), and the data were received by a 16-element vertical array at a distance of 8 km. Iterative sparse channel estimation is applied in conjunction with low-density parity-check decoding. In addition, the impact of diversity combining in a highly inhomogeneous underwater environment is investigated. Error-free transmission using 16-quadtrative amplitude modulation is achieved at a data rate of 10 kb/s.
Introduction
A major obstacle to high-rate underwater acoustic communications (UAC) is a large delay spread due to multi-path propagation causing significant intersymbol interference (ISI), coupled with temporal variability of the channel. To eliminate or simplify adaptive equalization, multi-carrier transmission, known as orthogonal frequency division multiplexing (OFDM) and widely used in wireless communications, 1 has attracted attention recently in UAC. The basic idea is to convert a single-carrier ISI channel into parallel ISI-free subchannels. In addition, time-varying channels can be easily dealt with by updating the channel estimate on a block-by-block basis. However, it is known that OFDM is sensitive to Doppler effects, since Doppler introduces a carrier frequency offset (CFO) and destroys orthogonality of the subchannels. 1 Examples of OFDM applications to UAC for both fixed and moving platforms are available [2] [3] [4] [5] while the OFDM algorithm itself is well documented in the wireless literature. 1 Nevertheless, typical experimental demonstrations of the OFDM approach in UAC are limited in terms of range (less than 2.5 km in very shallow water), data rate, frequency band, and environment. A challenge in ocean environments is that the channel uncertainty increases significantly with an increase in range and frequency.
In this letter, we present the performance of OFDM acoustic communications during the Kauai Acomms MURI 2008 (KAM08) experiment conducted off the western side of Kauai, HI, in June 2008. The experiment was carried out in about 106 m deep shallow water at ranges up to 8 km, using an 8 kHz bandwidth (BW) (12-20 kHz). a) Author to whom correspondence should be addressed.
System design
Block diagrams of the transmitter and receiver are shown in Fig. 1 . First, an information bit sequence is low-density parity-check (LDPC) coded 6 and interleaved bitwise to produce codeword vectors. The sequence is then mapped into symbols using either quadrature phase shift keying (QPSK) or 16-quadtrative amplitude modulation (QAM). The "OFDM modulator" in Fig. 1(a) consists of a serial to parallel converter, inverse fast Fourier transform (IFFT), cyclic prefix (CP) adder, and upconverter.
A block diagram of the receiver is shown in Fig. 1 (b) consisting of three major components: channel estimation, diversity combining, and iterative channel estimation coupled with LDPC decoding. The synchronization process at each receiver is done by matched filtering of a known OFDM block at the beginning of the data transmission. We use sparse channel estimation using orthogonal matching pursuit (OMP) 7, 8 in order to further improve the performance. Maximal ratio combining is applied for diversity combining. Iterative channel estimation is applied in conjunction with LDPC decoding if necessary. Note that the LDPC decoding itself requires an iterative process. The number of iterations in the LDPC decoder is set to 25. If the decoded results from the LDPC decoder do not satisfy the parity-check, then the iterative channel estimation process can be run up to five times. Soft decisions are made from the LDPC decoder output and fed back to the "symbol mapper" which regenerates the OFDM blocks. Then the OMP algorithm is employed at each receiver, where the soft decisions are treated as pilots and used to re-estimate the channel. The iterative estimation algorithm was developed previously.
3 However, it was tested only with a single receiver at a source-receiver range of 330 m. Here, the iterative OFDM channel estimation algorithm 3 is extended to multiple receivers and a longer distance (8 km).
KAM08: Experimental results
A schematic of the KAM08 experiment is shown in Fig. 2 (a). Two vertical receive arrays (VRAs) were moored in about 106 m depth water at ranges of 4 and 8 km from an eight-element source array suspended from the R/V Melville in dynamic positioning mode. For the data discussed here, the OFDM transmission was sent from a single source at 82.5 m depth on June 22 (JD174). The VRAs consisted of 16 elements The sampling rate at the receiver was 50 kHz. Preliminary results using OFDM at 4 km range were reported previously. 9, 10 In this letter, we focus exclusively on the results at 8 km range. The sound speed profiles measured within 3 days around JD174 also are shown in the box next to the source in Fig. 2(a) . Note that both the source and receivers are positioned in the dynamic region of the sound speed profile. 11 An example of the matched filtered channel probe [100 ms long linear frequency modulation (LFM) waveform from 12 to 20 kHz] received by the VRA at 8 km range is shown in Fig. 2(b) , indicating a delay spread of about 15 ms. Even though it is not presented here, we observe that the channel variation is significant between blocks (148 ms duration). Therefore, channel updates on a block-by-block basis are required for successful reception.
The OFDM system specifications exploiting the 8 kHz BW (12-20 kHz) are listed in Table 1 . The CP length was set to 20 ms, longer than the channel spread of 15 ms. Two different modulation schemes are explored here: QPSK and 16-QAM. All data packets contain 24 000 bits regardless of the modulation scheme. The bit error rates (BERs) are calculated based on the observed errors across a sequence of OFDM blocks.
The estimated signal-to-noise ratios (SNRs) along the array are shown in Fig. 3(a) . The noise variance ðr 2 v Þ is estimated from the received time series after v assuming that the signal and noise are uncorrelated. Note that the estimated SNR varies from À1 to 9 dB where the higher SNR near the bottom is due to the downward-refracting sound-speed profile [see Fig. 2(a) ].
Performance: Single element
The single element BER performance is illustrated in Fig. 3 using (b) QPSK and (c) 16-QAM. Three different approaches are compared: No coding ( ), LDPC coding (h), and iterative channel estimation combined with coding (-). As expected, QPSK yields better performance than 16-QAM for the same SNR. Second, the performance is highly dependent on the receiver depth which generally follows the SNR characteristic in Fig. 3(a) . Third, the performance gap between uncoded and coded BERs increases significantly as uncoded BER decreases. For instance, the QPSK BER after decoding reduces significantly from 0.14 to 0.03 for receiver 6, while there is a minimal change for receiver 8. This phenomenon can be attributed to the waterfall characteristics of the LDPC code. Once the quality of the signal is better than a threshold, a slight improvement in the input results in significant performance enhancement. Finally, iterative channel estimation does not improve the performance at all or even degrades performance slightly in some cases. If the decoded bits contain too many errors, then iterative channel estimation cannot track the channel appropriately due to error propagation.
The analysis of individual elements confirms two major shortcomings even with the use of coding: (1) SNRs are below threshold level at the 8 km range and (2) lack of diversity to mitigate the significant channel fading. We investigate the performance of diversity combining in Sec. 3.2.
Performance: Diversity combining
To investigate the impact of diversity combining on performance, BERs are shown in Fig. 4 as a function of the number of receivers combined. Three different approaches are compared: No coding ( ), LDPC coding (h), and iterative channel estimation combined with coding (þ). The receivers are combined in two opposite directions: From array top to bottom and from array bottom to top.
Several observations can be made. First, in general, the performance improves with an increase in diversity. The rate of improvement, however, is quite different such that the "bottom to top" case converges much faster than the "top to bottom" case. This is due to the fact that the receivers located near the bottom have higher SNRs as evident in Fig. 3(a) which is typical for a downward-refracting environment. Note that error-free performance can be achieved by just two bottom elements for QPSK with coding [ Fig. 4(a) ]. Second, the improvement with iterative processing is minimal for QPSK. This is because LDPC decoding alone is sufficient to obtain error-free transmission, and there is no need to perform iterative processing. On the other hand, the iterative approach significantly improves the performance of 16-QAM such that combining the bottom seven elements yields a zero BER [ Fig. 4(b) ]. Note that zero BER cannot be achieved without the iterative approach even when all 16 elements are combined. Third, sometimes the uncoded BER does not decrease monotonically as the number of receiver increases, likely due to the relatively larger channel estimation errors in the receivers toward the top of the array with lower SNR.
The results presented in this letter are based on the specific data collected on June 22 08:00 UTC (Coordinated Universal Time) (JD174). During the KAM08, identical waveforms were transmitted every hour for an extended period of time. Although not shown here, five consecutive data sets (separated by 1 h each) were processed and showed similar performance, demonstrating consistency of the approach.
Summary and conclusion
Performance of high-rate OFDM acoustic communications has been presented using data from the KAM08 experiment conducted in shallow water. The data analyzed were obtained from a single transmitter using an 8-kHz BW (12-20 kHz) and a 16-element VRA separated by a distance of 8 km. A receiver was implemented involving iterative sparse channel estimation in conjunction with diversity combining and LDPC decoding. Error-free transmission using 16-QAM was demonstrated at a data rate of 10 kb/s.
